Long Term Evolution (LTE) was initially designed for a high data rates network. However, voice service is always a main service that drives huge profits benefit for mobile phone operators. Hence the deployment of Voice over LTE (VoLTE) is very essential. LTE network is a fully All-IP network, thus, the deployment of VoLTE is quite complex, specially for guaranteeing of Quality of Service (QoS) for meeting quality of experience of mobile users. The key purpose of this paper is to present an object, non-intrusive prediction model for VoLTE quality based on Random Neural Network (RNN). In order to simulate an experiment, a three-layer feedforward RNN architecture with gradient descent training algorithm is applied. The inputs of this model are object network impairments such as Packet Loss Rate (PLR), Delay and Jitter. The VoLTE quality was predicted in term of the Mean Opinion Score (MOS). The simulation results show that this model offers MOS values which are quite close to well-known method is WB-PESQ (Wideband Perceptual Evaluation of Speech Quality) model. The results also show that the proposed model is very suitable for predicting voice quality over LTE network.
INTRODUCTION
LTE network is developed by the Third Generation Partnership Project (3GPP) [1] . It is a mobile network which has high data rate, low delay and is fully packet-based. This network improves upon some of the capabilities of the legacy system by increasing data rates and extending QoS for various multimedia applications. Voice over LTE network (called VoLTE) is a main service of LTE network. Since LTE network is a full packet-switched, thus, the deployment of VoLTE service is very complicated. All voice traffics over LTE network are VoIP (Voice over IP) [6] . Also according to [6] , there are two types of voice traffic over LTE network, those are VoLTE and VoIP. VoLTE is really a VoIP with QoS guaranteed [6] . However, in order to guarantee VoLTE quality is an extreme challenge. In communications systems, the perceived voice quality is usually represented as the MOS. MOS can be attained by many methods. These methods are divided into two groups called subjective methods and objective methods. In subjective method, a group of human subjects listen to a live audio stream or a previously recorded audio file generated through the technology in question and rate the quality on a scale of 1 (poor) to 5 (excellent) [8] . These methods have some disadvantages such as too expensive, time consuming and are not suitable for a large network infrastructure. Otherwise, objective methods have more advantages, they eliminate the limitations of subjective methods. Objective methods are classified into two approaches: intrusive and nonintrusive ones. The intrusive methods (e.g. WB-PESQ [9] ) are more exact and are widely utilized to predict aware voice quality. However they are not suitable for real-time services such as VoIP because they require original signals to reference. The nonintrusive methods (e.g. ITU-T Wideband E-model [10] ) are computational models that are used for transmission planning. They are not accurate as the intrusive approaches and they have complex mathematical operations. The obtained results from objective methods do not always well relate to human perception. The main advantage of the non-intrusive methods are they predict voice quality without any reference to the original signals and they require less parameters than the intrusive methods. RNN models are used to predict quality multimedia flows such as voice or video over an IP network. They are non-intrusive methods and have many advantages compared to WB-PESQ model, specially they are very suitable for real-time services such as Voice or Video calls. However, they may be not as exact as the WB-PESQ model which involves nonlinear and time consuming operations. According to [2] , RNN models are more advantageous than some other well-known models such as PESQ, Emodel or INTERMON. RNN models are applied in many different fields where there are communication systems such as: (1) controlling the routing of packets in the Cognitive Packet Network (CPN), and (2) for automatic quantification of the quality of traffic associated with real-time multimedia applications such as video, speech and interactive voice [17] . According to our knowledge, there are no papers that predict VoLTE quality using RNN. Authors in [14] , [15] and [13] proposed utilization of RNN to predict voice quality over Internet network. These models are not suitable for VoLTE service because they are used to predict voice quality for narrow band audio. In [5] , authors proposed using RNN to predict video quality over LTE network. The remainder of this paper is organized as follows: Overview of the system model is described in section 2. In section 3, we present the proposed simulation model. The simulation results and performance evaluation of the proposed model are analysed in section 4. The conclusion and future work are represented in section 5. [4] at the end of eighties of the last century. It has been efficiently applied in many fields and applications such as pattern recognition, classification, image processing, combinatorial optimization and communication systems [17] . RNN is a mathematical model that combines Artificial Neural Network (ANN) and queuing model. So that, it is very suitable for predicting voice quality. According to [2] , [5] , RNN model has several advantages as follows:
THE SYSTEM MODEL
-The results obtained well with human awareness; -It doesn't request complex operations; -It can be utilized in real-time applications; -It can be easily extended when need to add input parameters; -It has standard learning algorithm which has low complexity and strong generalization possibility; -It can be implemented easily in both software and hardware because its neurons can be represented by simple counters. spike and is represented by an integer, specifically +1 for excitation spikes and -1 for inhibition spikes. The spikes can be departed from another neuron within the network or from outside. Positive neurons are permitted to send out spikes to one of two neuron types in the network. When a neuron sends out a spike, it loses one unit that is going from state q i to state q i − 1. Assume p + i,j , p − i,j are the probabilities that the spike signal sent out by neuron i to neuron j as a positive one and as a negative one, respectively, d i represents the signal leaving the network to the environment. If N is the total number of neurons in the network, for all i = 1..N , the following condition must be met [17] :
With:
When signals leaving a neuron are not allowed to return directly back to the same neuron, it means p i,j = 0. When a neuron receives a positive signal, its potential is increased by 1. It is reduced by 1 when it receives a negative one if it is strictly positive, and it doesn't change if its value is 0. Otherwise, when a neuron sends a positive or negative signal, its potential reduces by 1. It is strictly positive because only excited neurons sending signal. The neuron i receives signals from outside according to a Poisson process with rate λ 
2.2.2 The network state and steady-state probability. The probability distribution of the network state and steady-state probability that neuron i excited is described as the following: At time t, the network state is denoted by vector of k(t) = k 1 (t), ..., k N (t), the stationary probability distribution p(k) is presented as follows [16] :
The quantity q i is given by:
Where: λ
is described previously and total arrival rates i = 1..N meet the system of non-linear concurrent formulas below:
In which: q i must meet the following condition:
With ∧ i are rates of the exogenous excitation. If there is a nonnegative solution which exists λ
for the equations of (5) - (7), such that q i ≤ 1, then:
org
The network is stable which ensures the excitation grade of each neuron remains finite with probability 1. The average potential at a neuron i can be computed as
. If q i > 0, this means neuron i is saturated or unstable and the neuron i is continuously firing in the steady-state. In fact, when a VoLTE packet transmitted from a sender to a receiver, it has to pass all layer protocols consisting of PDCP, RLC, MAC, and then Physical Layer (PHY) before it is delivered over the air interface. However, according to several authors, tasks of these layer protocols such as header addition, header compression, etc. which affect not significantly to voice quality. Hence, in this study, we do not mention the effects of them to VoLTE flow. The simulation process is described as follows:
THE PROPOSED SIMULATION MODEL
The input audio signal is a prerecorded audio file. This is a .wav file that was taken from [11] . 
Simulation parameters
In the simulation model as shown on Figure 2 , the IP network simulation (WANem) plays a very important role. When a voice packet is transmitted over an IP network, it is affected by may factors where there are three very important factors such as PLR, delay and jitter. So that, during the simulation, these factors have to be changed in limited range. In this experiment, the threshold range for PLR, delay and jitter are 0-10 %, 5-100 ms and 0-15 ms, respectively. PLR is percentage of packets which have not reached their destination. They could have been dropped over the network. Some packets not delivered to the destination will degrade the voice quality. There are many reasons that cause PLR such as link failure, congestion, buffer overflow or wrong route. The undelivered packets can be restored by Packet Loss Concealment (PLC) at the receiver. For the VoIP, PLR characteristics are bursty. In this study, we select four different values of PLR including 0, 4, 7 and 10 %. Delay is the average time that a voice packet is transmitted from the source to destination. For the VoLTE, 3GPP recommended that this value should not exceed 100 milliseconds (ms). According to ITU-T recommendation, this value doesn't exceed 400 ms 
PERFORMANCE EVALUATION
In order to assess the performance of the proposed model, we consider the effects of PLR, delay and jitter on perceived voice quality. We compare results obtained from two models of WB-PESQ and RNN. 5 and 6 show the effects of PLR, delay and jitter on voice quality, respectively. In order to represent these charts, we calculate the average MOS values of each method when the PLR, delay and jitter are fixed, respectively. Through these charts, it can be said that the effects of PLR, delay and jitter on voice quality is not much when they are in allowable limitations. In most cases, the voice quality reduces when PLR, delay and/or jitter augment. It can be conclusive that when guaranteeing PLR, delay and jitter in allowable limitations, the effects of them to voice quality is not significant. 
CONCLUSION
This paper proposes a new model for predicting voice quality over LTE network using RNN model with the architecture of three layers and the gradient descent algorithm. In order to evaluate the effects of network impairments on voice quality, three main factors are used including PLR, delay and jitter. WB-PESQ model is used to measure voice quality. The MOS values obtained from this model are used to validate RNN model results. Through obtained results from two methods, it is clear that the results attained from the proposed RNN model are quite accurate and are very close to WB-PESQ model ones. This means if network impairments such as PLR, delay and jitter are in thresholds then the effects of them on voice quality are not remarkable. The proposed model is suitable and can be applied to wideband audio flows such as VoLTE. It can be located at the receiver to measure immediately voice quality. In addition, the proposed model also can be used to predict video quality over LTE network. For the future work, we will complement more factors such as network impairments, languages, etc. to the proposed model.
